The process of voiced sounds production can be described as follows : air 
Introduction
The beginning of the voice production process occurs with a contraction-expansion of the lungs. The air pressure difference created between the lungs and the mouth exit causes airflow. The airflow passes through the larynx, where it is transformed into a series of pulses (glottal signal) of air that reaches the mouth and the nasal cavity. The pulses of air are modulated by the tongue, teeth, lips, and other articulators that shape the vocal tract (portion that goes from the larynx up to the mouth), and result in the final pressure wave that we perceive as voice. The glottal signal has important properties which are complex to reproduce and are intimately related to the anatomic and physiological characteristics of the larynx. Its generation mechanism has been explained by the so-called myoelastic-aerodynamic theory, proposed by van den Berg (1958) and Titze (1980) . 1 Looking at this system of voice production from a simpler perspective, we may consider four distinct groups: the first one, called respiration group, is related to the production of airflow, starts at the lungs and ends in the trachea. In the larynx, we find the organs of the second group, responsible for the production of the glottal signal, which we call the vocalization group (the vocal folds belong to this group). The glottal signal is a signal of low intensity which needs to be amplified and emphasized at determined harmonic components, so that the phonemes may be characterized. This process occurs when the airflow passes through the vocal tract, which we call the resonant group. Finally, the pressure waves are radiated, when they reach the mouth, by the radiation group. Here, we will consider only the production of voiced sounds.
The present paper is a follow up from previous works (Cataldo et al., 2004 (Cataldo et al., , 2006 , in which we assessed and compared the capability of some models to simulate vocal productions, and introduced variations of the subglottal pressure to increase the perception of the synthesized sounds as natural sounds. Here, we will review our main results and consider adaptations of the models to the vocal physiology of children, women, and men, to reproduce their voices. 
Modeling
In the last decades, the dynamics of vocal folds has been extensively studied and new models have been developed, but older models are still used as a basis to the development of new ones. We will base our considerations on the one-mass model proposed by Flanagan and Landgraf (1968) , the two-masses model proposed by Ishizaka and Flanagan (1972) , and also some variations of these two models including some ideas used by Gardner et al (2001) when modeling the sound production in a songbird's vocal organ.
The two base models assume perfectly symmetrical vocal folds, and motion in the direction perpendicular to air flow only. The airflow is assumed quasi-steady, and described by Bernoulli's energy equation. Other assumptions may be found in the references.
The vocal tract is represented as a series of concatenated uniform acoustic tubes with stepwise varying cross-sectional area.
Flanagan and Landgraf's Model (1968)
The acoustic circuit representation for voiced sounds production is shown in the The subglottal pressure is approximated by a voltage source (Ps) because the lungs appear as a low-impedance constant-pressure source and the pressure drop across the large-area bronchi and trachea is relatively small. Using the experimental results of van den Berg (1957) , the time varying glottal impedance is represented by a flow-independent resistance (R v ); a kinetic flow-dependent resistance (R k ); and an inertance owing to the mass (L g ) given in terms of the kinematic viscosity of air, the vocal-fold thickness, the fold length, the area of the glottal orifice, the air density and the airflow through the glottal orifice. Representative values of these parameters can be found in Flanagan and Landgraf (1968) .
Each vocal fold is represented as a mass-spring-damper system. The system is excited by a force F, given by the product of the air pressure in the glottis with the area of the intraglottal surface. The force acts on the medial surface of the vocal folds, as shown in the Fig. 2 . The dynamics of the vocal folds is given by
where ( ) x t is the displacement of the mass M and the force ( , ) F x t drives the system.
In the present study, the forcing function is computed from the mean value of the inlet and outlet pressures; i.e., acting on the vocal fold surface.
Experimental measurements show that these pressures can be approximated as 
where 2 2 1 2
is the Bernoulli pressure and
Ishizaka and Flanagan's Model (1972)
Although the one-mass model may produce acceptable voicedsound synthesis and simulate many of the properties of the glottal flow, it is inadequate to produce other physiological details related to the vocal folds behaviour.
For example, the prediction of acoustic interaction displayed between source and tract is larger than observed in human speech. To incorporate such physiological properties, multiple-mass representations of the folds have been considered. In Ishizaka and Flanagan's two-mass model, vocal folds are represented by two coupled mass-damper-spring oscillators, as shown in the Fig.3 . 
Springs 1
S and 2 S are non-linear and represent the tension in the vocal folds. The nonlinear relation between the deflexion from the position of equilibrium and the force requested to produce this deflexion is given by
When the opposite masses collide, during glottal closure, a reaction force acts on the masses, which causes deformation of the vocal folds. The reaction force h j f during collision may be represented by an equivalent spring with a non-linear characteristic of the form Gardner et al (2001) presented a model of sound production in a songbird's vocal organ and found that much of the complexity of the canary's singing can be produced introducing simple time-variations in forcing functions. The starts, stops, and pauses between syllables, as well as variation in pitch and timbre are inherent in the mechanics and can often be expressed through smooth and simple variations in the frequency and relative phase of two driving parameters. We used the same idea applied to the base models discussed above.
Variations of the Subglottal Pressure
According to previous experimental results (Lieberman, 1991 ) the subglottal pressure follows smooth variations at the start and end of an utterance. For simplicity, we consider the variation of the subglottal pressure according to the Eq. (10) 
where T is the duration of the vowel and 0 P is a value of the subglottal pressure.
Simulations
Simulations of voiced sounds were obtained by numerical resolution of the above equations, using Euler's backward method and Matlab software. Using standard values of the parameters, as described by Flanagan and Landgraf (1968) and by Ishizaka and Flanagan(1972) , we simulated, or synthetized, the sounds that are available at http://www.professores.uff.br/ecataldo/resultados.htm.
The Fig. 5 shows results from Flanagan and Landgraf's model (1968) , for constant (a, b) and varying (c) subglottal pressure. The Fig. 6 shows the same signals, when computed from Ishizaka and Flanagan's model (1972) .
From these plots we may observe an amplitude modulation caused by the varying pressure, and a higher maximum flow. The perception of synthesized sounds as natural is better for varying pressure than for constant. This result seems to imply that introducing simple variations of the subglottal pressure is a more efficient technique to improve the perception of a sound as natural than increasing the complexity of the mechanical representation of the vocal folds by adding additional masses.
Diphtongs Generation and a Plosive Consonant Generation
We may also use Flanagan and Landgraf`s model to generate diphthongs and the plosive /p/. Diphthongs were simulated by varying linearly the vocal tract areas between the configurations corresponding to the two vowels of the diphthong. Mouth closure was simulated reducing by 1000 times the last section of the vocal tract (it is not possible to reduce it to zero, lest the occurrence of divisions by zero during the numerical solution of the equations). The example in the Fig. 7 shows a simulation for the Portuguese word /papai/ ("daddy"). ABCM 
Simulations of Man, Woman and Child Voices
As in previous works Koenig, 2003, 2005) , the standard parameters of the above models are adopted as reference for a male configuration. Woman and child configurations are then achieved by adjusting the dimensions of the models to their laryngeal anatomy.
A single scaling factor β is used for all dimensions. This is a simplification of the actual size variations of the larynx and vocal tract. According to Titze (1989) , two main scaling factors for the size relation between male and female larynges may be identified, depending on the specific dimension. The relative lengths between the pharynx and oral cavity also differs to men, women and children. Here, the single factor β was adopted as a convenient and simple way to control the overall size of the model. Thus, an adult female configuration would correspond to an approximate factor of 0.72 = β (according to data by Titze, 1989) , and a 5-year-old configuration to 0.64 = β (according to data by Goldstein, 1980 ). All linear dimensions are then scaled multiplying by β . Masses are accordingly computed multiplying by 3 β . For the tissue stiffness we assume a constant elasticity modulus for all sizes. This assumption is again a simplification since Titze (1989) reported slighter stiffer tissue for females than for males, probably as a result of differences in tissue composition. Similar differences between child and adult tissues have also been reported (Kurita, Hirano and Nakashima, 1983) . For a constant elasticity modulus, the stiffness coefficient is directly proportional to the cross-sectional area of the tissues, and inversely proportional to their length. Hence, the scaling of all dimensions by a factor β implies that stiffness is also scaled by this same factor. For the tissue damping we assume a constant damping ratio for all sizes.
Using Flanagan and Landgraf's model, with a vocal tract set in a configuration for vowel /a/, we synthesized voices for adult male, female, and a 5-year-old child. We also produced simulations of the Portuguese word /papai/ ("daddy") for the three cases, varying appropriately the vocal tract geometry.
The Fig. 8 shows the plots of the radiate pressure, in the Flanagan and Landgraf's model, for an adult male (a), an adult female (b), and a child voice (c). The three cases correspond to the configuration for the vowel /a/.
The simulations show an increase in the fundamental frequency as the laryngeal size is reduced. In the case of synthesis of vowel /a/, the fundamental frequencies are 126 Hz in the male, 173 Hz in the female, and 192 Hz for the child case.
This increase is approximately proportional to 1 − β , which is consistent with reported experimental data (e.g., Titze, 1989 Titze, ,1994 Koenig, 2003,2005) . 
Conclusions
Although the system of voice production is complex, we have shown that it may be modelled with good approximation using lowdimensional systems for adult and child configurations of the vocal organs. This result is in agreement with past studies on vocal fold vibrations, which have relied on simple models to characterize details of the dynamics (e.g. Flanagan et al. 1975; Flanagan and Landgraf, 1968; Ishizaka and Flanagan, 1972; Lucero, 1999; Lucero ABCM and Koenig, 2003,2005) . We have also shown that variation of the subglottal pressure is a relevant factor that, when properly chosen, improves the perception of the synthesized sound as natural. This result might be expected, since the actual subglottal pressure never jumps from zero to a non-zero constant value, even in sustained vowels. Due to the physiology of the respiration process, the subglottal pressure must always follow a smooth variation (Lieberman, 1991) . For simplicity, we have assumed that such variation has a sinus shape, following Gardner et al. (2001) .
On the other hand, an increase of the number of degrees of freedom (masses) of the model did not lead to any noticeable improvement on the generated sound. These results suggest that the perception of a synthesized sound as natural depends more on dynamic variations of the model's parameters than on the complexity of the model itself. Further studies on this issue are deemed necessary to confirm or reject this conclusion, which might have important implications for voice and speech computer synthesis.
